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The contribution of recovered envelopes (RENVs) to the utilization of temporal-fine structure (TFS)
speech cues was examined in normal-hearing listeners. Consonant identification experiments used
speech stimuli processed to present TFS or RENV cues. Experiment 1 examined the effects of expo-
sure and presentation order using 16-band TFS speech and 40-band RENV speech recovered from
16-band TFS speech. Prior exposure to TFS speech aided in the reception of RENV speech.
Performance on the two conditions was similar (50%-correct) for experienced listeners as was the
pattern of consonant confusions. Experiment 2 examined the effect of varying the number of RENV
bands recovered from 16-band TFS speech. Mean identification scores decreased as the number of
RENV bands decreased from 40 to 8 and were only slightly above chance levels for 16 and 8 bands.
Experiment 3 examined the effect of varying the number of bands in the TFS speech from which 40-
band RENV speech was constructed. Performance fell from 85%- to 31%-correct as the number of
TFS bands increased from 1 to 32. Overall, these results suggest that the interpretation of previous
studies that have used TFS speech may have been confounded with the presence of RENVs.
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I. INTRODUCTION
It is well known that many hearing-impaired (HI) listen-
ers who have little difficulty understanding speech in quiet
backgrounds experience great difficulty in backgrounds con-
taining interfering sounds (Kochkin, 1996; Takahashi et al.,
2007). Understanding speech in noise, restaurants, or group
situations continues to be problematic for hearing-aid users,
in spite of research efforts. When the interference is tempo-
rally fluctuating, most normal-hearing (NH) individuals are
able to achieve substantial gains in intelligibility while most
HI listeners do not (e.g., Desloge et al., 2010). Recently, a
number of investigators (e.g., Lorenzi et al., 2006, 2009;
Hopkins and Moore, 2007; Hopkins et al., 2008) have shown
that this may result from an inability of HI listeners to pro-
cess the temporal fine structure (TFS), as opposed to the
temporal envelopes (ENVs), of speech as well as NH
listeners.
The speech waveform can be characterized as the sum
of bandpass signals, each comprising a slowly varying am-
plitude component (ENV) that modulates a rapidly varying
carrier component (TFS) (e.g., Flanagan, 1980). Envelope
cues have been shown to be important for speech perception
in quiet when provided in as few as four to eight frequency
bands (Shannon et al., 1995; Zeng et al., 2004).
Traditionally, TFS cues have been thought to play a major
role in the perception of pitch for both pure and complex
tones (for reviews, see Plack and Oxenham, 2005). Results
from recent psychophysical studies suggest, however, that,
in addition to pitch perception, TFS cues can also contribute
to speech intelligibility (Lorenzi et al., 2006; Gilbert and
Lorenzi, 2006; Gilbert et al., 2007; Sheft et al., 2008).
To evaluate the role of TFS cues for speech perception,
the vocoding technique has been used to isolate the TFS
component of a band-limited signal from the ENV compo-
nent to create TFS speech. In this technique, speech sounds
are initially split into several contiguous frequency bands.
TFS cues in each band are extracted either as the phase of
the Hilbert analytic signal (Hilbert, 1912) or by dividing the
bandpass signal by the envelope magnitude (at each instant
in time). With this processing, the signal within each band
becomes a constant-amplitude, frequency-modulated signal.
The band signals are then re-combined to create TFS speech
(e.g., Drullman, 1995; Smith et al., 2002; Gilbert and
Lorenzi, 2006).
The interpretation of perceptual studies that utilize TFS
speech relies on the assumption that the TFS component can
be completely isolated from the ENV component. However,
narrowband filtering imposes constraints on the ability to
isolate a sound’s TFS component from its ENV component
(Zwicker, 1962; Saberi and Hafter, 1995; Ghitza, 2001;
Zeng et al., 2004; Heinz and Swaminathan, 2009; also see
Voelcker, 1966; Rice, 1973; Logan, 1977). When broadband
speech is filtered through a set of narrowband filters (such as
cochlear filters), the TFS component of the broadband
speech gets converted into (recovered) envelopes (RENVs)
(e.g., Ghitza, 2001).
Gilbert and Lorenzi (2006) conducted a systematic per-
ceptual and modeling study to quantify the extent of enve-
lope recovery from TFS speech. The ability of NH listeners
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to identify 16 French consonants in /a/-C-/a/ syllables was
examined for TFS and RENV speech. The TFS speech was
generated with 1, 2, 4, 8, or 16 analysis bands and 30-band
RENV speech was then generated from each of the 5 TFS
speech conditions. For TFS speech, consonant intelligibility
was high and showed little decrease in performance as the
number of analysis bands increased from 1 to 16 (dropping
from roughly 100%- to 90%-correct over this range). The
intelligibility of the RENV speech was much lower, how-
ever, and decreased with an increase in the number of TFS
bands from which it was generated (decreasing from roughly
60%- to 15%-correct as the number of analysis bands
increased from 1 to 8 and remaining at 15%-correct for the
16-band condition). These results suggested that the RENV
cues did not play a major role in the identification of narrow-
band TFS speech. Specifically, it was suggested that RENV
cues did not contribute to the intelligibility of TFS speech
generated from signals with bandwidths less than or equal to
four times the normal auditory critical bandwidths. In their
study, this corresponded to the number of frequency bands
being equal to or greater than 8 over the frequency range 80
to 8020 Hz.
Following this result, subsequent studies with TFS
speech have used stimuli that were created using a relatively
large number of bands (typically 16), and the interpretations
were based on the premise that the perception of TFS speech
was unlikely to be affected by RENV cues (e.g., Lorenzi
et al., 2006; Gilbert et al., 2007; Sheft et al., 2008).
However, neurophysiological and modeling results have
shown that RENVs remain for TFS speech created with 16
bands (e.g., Heinz and Swaminathan, 2009; Swaminathan
and Heinz, 2012). It should also be noted that the high levels
of 16-band TFS speech intelligibility observed for NH listen-
ers by Lorenzi et al. (2006) and Sheft et al. (2008) required
extensive training/exposure. Taken together, it is not clear
whether this high level of performance is due to the use of
TFS cues (as is often assumed) or due to the use of RENV
cues.
The goal of the current study was to systematically eval-
uate the role of RENVs in the perception of TFS speech by
NH listeners. Three sets of experiments were designed to
address this basic question:
The first set of experiments addressed the role of expo-
sure and test order on consonant identification for TFS and
RENV speech. This aspect of the study was motivated by
differences in maximal levels of TFS performance observed
across earlier studies [e.g., compare Lorenzi et al. (2006)
with Swaminathan and Heinz (2012)] and by an absence of
published evidence for comparisons of TFS and RENV
speech controlling for test order and training time. It was
hypothesized that performance would improve with
increased exposure to both TFS and RENV speech. There
was no explicit hypothesis regarding the effect of the presen-
tation order of the two types of speech stimuli.
The second experiment examined the effects of varying
the number of ENV bands recovered from narrowband TFS
speech. The number of RENV bands was systematically
reduced in a manner that widened the individual bands to
simulate the effects of sensorineural hearing loss on
envelope reconstruction. A well-known consequence of sen-
sorineural hearing loss is reduced frequency selectivity
which results from the broadening of the peripheral auditory
filters (e.g., Liberman and Dodds, 1984; Glasberg and
Moore, 1986). In a modeling study, Heinz and Swaminathan
(2009) simulated the broadening of auditory filters that typi-
cally occurs with hearing loss and showed that such broaden-
ing resulted in a reduction in the degree to which ENV cues
can be recovered from TFS speech. Such broadening of pe-
ripheral auditory filters could have an effect on the envelope
reconstruction from TFS speech (e.g., Heinz and
Swaminathan, 2009; Lorenzi et al., 2012). Thus, it was
expected that performance would decrease with a reduction in
the number of RENV bands.
The third experiment explored the effects of varying the
number of bands in the TFS speech signals that were used for
constructing 40-band RENV speech. The results of Gilbert and
Lorenzi (2006) suggested that RENV cues did not play a major
role in consonant perception when the bandwidth of the filters
used to create the TFS speech was narrower than 4 times the
bandwidth of a normal auditory filter (i.e., number of TFS
bands 8 for frequencies spanning 80 to 8020 Hz). This
experiment was conducted for further exploration of the results
of Gilbert and Lorenzi (2006) regarding the role of RENVs in
the reception of TFS speech. Specifically, it examined the
effect of varying the number of bands in the TFS speech from
which a 40-band RENV signal was constructed. Our choice of
40 bands for creating RENV speech leads to bands whose
widths are less than 1 ERBN (Glasberg and Moore, 1990).
This choice of bandwidth is in agreement with the findings of
Shera et al. (2002) who suggested that human cochlear filters
are sharper than the standard behavioral measures.
Overall, it was hypothesized that the interpretation of
previous results that have used TFS speech may have been
confounded by the presence of RENV cues.
II. GENERAL METHODOLOGY
A. Subjects
A total of 30 young NH subjects (12 males, 18 females)
who were native speakers of American English were
employed across the three experiments. Subjects provided
informed consent, and a clinical audiogram was obtained to
screen for normal hearing, defined as 15 dB hearing level
(HL) or better at octave frequencies in the range of 250 to
8000Hz. They ranged in age from 18 to 25 yrs with a mean
age of 19.9 yrs. All testing took place in the right ear, except
for one subject who was tested in her left ear due to a thresh-
old of 20 dB HL at 8000Hz in the right ear. All subjects
were paid for their participation in the study.
B. Speech stimuli
The speech stimuli consisted of recordings of monosyl-
lables in /a/-C-/a/ format with 16 values of C¼ /p, t, k, b, d,
g, f, s,
Ð
, v, z, j, m, n, r, l/. These recordings were taken from
the corpus of Shannon et al. (1999). The stimulus set
employed in all the experiments consisted of one utterance
of each of the 16 syllables from two male and two female
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speakers for a total of 64 stimuli. The recordings were digi-
tized with 16-bit precision at a sampling rate of 32 kHz and
presented at a level of either 68 dB sound pressure level
(SPL) (Experiment 1A) or 70 dB SPL (Experiments 1B, 2,
and 3).
C. Experimental procedure
Subjects were tested on their ability to identify the set of
16 consonants using a one-interval 16-alternative forced-
choice procedure without correct-answer feedback. On each
trial of the experiment, one of the stimuli from the set of 64
syllables was selected and processed according to one of the
stimulus processing conditions described below. This proc-
essed stimulus was then presented and the subject was
instructed to identify its medial consonant. A 4 4 visual
display of the response alternatives appeared on a computer
monitor following each stimulus presentation and the
response was selected using a computer mouse. No time
limit was imposed on the subjects’ responses. Each experi-
mental run consisted of 64 trials derived from a different
random-order presentation (without replacement) of the 64
syllables in the stimulus set with all stimuli processed
according to the same stimulus-processing condition. Each
run lasted roughly 4 to 7min depending on the subject’s
response time. The experiments consisted of multiple runs
(between 21 and 62, depending upon the experimental condi-
tion) conducted under varying stimulus-processing conditions.
Test sessions lasted 2 h including breaks, and each experiment
required multiple sessions. Additional procedural details spe-
cific to each experiment are provided in Secs. III (Experiment
1), IV (Experiment 2), and V (Experiment 3) below.
Experiments were controlled by a desktop PC equipped
with a high-quality, 24-bit PCI sound card (E-MU 0404 by
Creative America, Milapita, CA). The level-calibrated
speech stimuli were played out using MATLABTM
(Mathworks, Natick, MA); passed through a Tucker-Davis
(TDT, Alachua, FL) PA4 programmable attenuator and a
TDT HB6 stereo headphone buffer; and presented monaur-
ally to the subject in a soundproof booth via a pair of
Sennheiser (Old Lyme, CT) HD580 headphones. The pri-
mary experimental engine used to generate and present stim-
uli and to record responses was the AFC Software Package
for MATLABTM provided by Stephan Ewert and developed at
the University of Oldenburg, Germany. A monitor, key-
board, and mouse located within the sound-treated booth
allowed interaction with the control PC.
D. Stimulus processing
Prior to presentation to the listener, the speech stimuli
were processed according to one of the following three
conditions:
(1) Intact speech. Intact speech stimuli were created by
using the unmodified samples directly.
(2) TFS speech. TFS speech stimuli were created
according to the methods described in Gilbert and Lorenzi
(2006) and Lorenzi et al. (2006). This involved bandpass fil-
tering the unmodified samples into NTFS bands of equal
bandwidth on a log frequency scale spanning 80 to 8020 Hz.
The Hilbert transform (Hilbert, 1912) was used to decom-
pose each bandpass signal into envelope (i.e., the magnitude
of the Hilbert analytic signal) and fine-structure (i.e., the co-
sine of the phase of the Hilbert analytic signal) components.
The envelope component was discarded and the
fine-structure component was normalized to the long-term
average energy of the original bandpass signal. The resulting
normalized fine-structure components for all bands were
then summed to yield the TFS speech. The number of bands,
NTFS, was fixed at 16 for all TFS-only conditions and will be
referred to throughout the paper as TFS(16) speech.
It should be noted that the current study has chosen this
method for generating TFS speech in order to facilitate com-
parisons with studies conducted using the same method (e.g.,
Lorenzi et al., 2006; Gilbert and Lorenzi, 2006). Other
researchers (e.g., Hopkins et al., 2010) have identified a
potential problem with this method in that low-level portions
of the speech signal can be amplified by high gain in order to
achieve the uniform amplitude of TFS speech. Such amplifi-
cation can negatively affect intelligibility, e.g., through ex-
cessive spectral and temporal masking. Hopkins et al. (2010)
suggested the addition of low-noise-noise before TFS proc-
essing to limit this amplification. Although this modified
processing might improve intelligibility both on the TFS
speech itself as well as RENV speech generated from this
TFS speech (see below), we chose to follow the original
method of Lorenzi et al. (2006).
(3) RENV speech. RENV speech stimuli were created
by first generating a TFS speech stimulus according to the
method described above. This TFS speech stimulus was then
bandpass filtered into NRENV bands of equal bandwidth on a
log frequency scale spanning 80 to 8020 Hz, where the band-
pass filters were created using the auditory chimera package
for MATLABTM (Smith et al., 2002). For each bandpass signal,
the RENV component was estimated by full-wave rectifica-
tion followed by processing with a 300-Hz low-pass filter
(sixth order Butterworth) and this was then used to modulate
a tone carrier at the center frequency of the band. Each
resulting band signal was re-filtered through the correspond-
ing bandpass filter to eliminate spectral splatter, and the final
processed band signals were summed to yield the RENV
stimulus.1 The number of TFS bands, NTFS, ranged from 1 to
32 and the number of RENV bands, NRENV, ranged from 8
to 40 depending upon the experimental condition. These
processing conditions will be referred to using the notation
RENV(NTFS, NRENV). For example, RENV(16,40) speech
refers to RENV speech created by recovering 40 bands of
envelopes from 16-band TFS speech.
For the RENV(16,40) condition, care was taken to
ensure that no fine structure was introduced in the RENV
signals by filter ringing. Zeng et al. (2004) suggested that
such filter ringing artifacts (in which the TFS component
leaks into the ENV component) may occur with narrowband
processing for a large number of bands (e.g., 64). The neural
metrics developed by Heinz and Swaminathan (2009) were
used to compute the similarity in TFS coding between
TFS(16) and RENV(16,40) for auditory-nerve fiber frequen-
cies ranging from 200 Hz to 2 kHz. Across all frequencies,
the cross-correlation in TFS between the TFS(16) and
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RENV(16,40) was minimal (0.1) consistent with no leak-
age of TFS into the RENV signals.
E. Data analysis
For each subject, a percent-correct score was calculated
for each 64-trial run where chance performance on the 16-
item set was 6.25%-correct. Stimulus-response confusion
matrices were generated for each run and added across the
final ten runs (Experiment 1A) or across the final five runs
(Experiments 1B, 2, and 3) for each subject and each experi-
mental condition. For each experiment and condition, these
matrices were also added across subjects to compute overall
percent-correct scores and measures of relative overall and
feature information transfer (Miller and Nicely, 1955; Wang
and Bilger, 1973; Houtsma, 1983). The consonant features
were voicing (voiced versus unvoiced), manner of articula-
tion (constriction versus non-constriction), place of articula-
tion (front versus middle versus back), and nasality (nasal
versus non-nasal) as defined by Swaminathan and Heinz
(2012, Table I). The confusion matrices were also subjected
to a form of metric multidimensional scaling analysis
(Braida, 1991).
Repeated-measures analyses of variance (ANOVAs)
were conducted for each of the experiments using arcsin-
transformed percent-correct scores of individual subjects on
each test condition included in a given experiment.
III. EXPERIMENT 1
A. Experiment 1A
Procedure. Experiment 1 examined the role of exposure
and test order on the reception of TFS(16) and RENV(16,40)
speech. Ten subjects (4 male, 6 female, mean age of 20.6
yrs) participated in the first stage of this experiment
(Experiment 1A). All subjects began the experiment by com-
pleting one 64-trial test run with Intact speech for familiar-
ization with the test procedure. Five subjects (Group 1) then
completed 20 runs of the TFS(16) condition followed by 20
runs of the RENV(16,40) condition. The remaining 5 sub-
jects (Group 2) were tested in the order of 20 runs of
RENV(16,40), followed by 20 runs of TFS(16). The experi-
ment typically required two 2-h sessions to complete. In
addition, the Group 2 subjects completed a third 2-h session
during which they were re-tested on 20 runs of the
TABLE I. Summary of experimental conditions and results.
Range of mean%-C across subjects
Grp. No. subj. Test order Condition Min. Max. Mean (std dev.) (%-C)
Experiment 1A 1 5 1 TFS(16) 40.8 68.0 51.8 (10.2)
2 RENV(16,40) 41.4 62.6 50.5 (8.7)
2 5 1 RENV1(16,40) 8.0 38.4 19.4 (15.0)
2 TFS(16) 45.3 74.2 60.6 (12.0)
3 RENV2(16,40) 47.8 65.5 53.8 (7.1)
Experiment 1B 1 3 Alternating TFS / RENV TFS(16) 38.1 56.3 46.8 (9.1)
RENV(16,40) 34.7 55.0 42.8 (10.7)
2 3 Alternating RENV / TFS RENV(16,40) 43.4 56.3 48.6 (6.7)
TFS(16) 49.1 60.0 52.9 (6.1)
Experiment 2 1 4 1 TFS(16) 45.3 63.8 56.0 (9.0)
2 RENV(16,8) 7.2 12.2 9.6 (2.2)
3 RENV(16,16) 6.6 11.6 9.1 (2.6)
4 RENV(16,32) 6.6 42.5 17.9 (16.7)
5 RENV(16,40) 5.3 61.9 29.1 (26.8)
2 4 1 TFS(16) 28.4 54.1 40.9 (10.5)
2 RENV(16,40) 33.1 48.1 39.4 (6.3)
3 RENV(16,32) 11.9 40.9 28.0 (12.8)
4 RENV(16,16) 6.6 18.8 14.3 (5.4)
5 RENV(16,8) 7.5 14.4 10.3 (2.9)
Experiment 3 1 3 1 TFS(16) 38.1 56.9 44.8 (10.5)
2 RENV(1,40) 78.8 87.8 84.2 (4.8)
3 RENV(2,40) 73.4 83.8 79.8 (5.6)
4 RENV(4,40) 65.9 80.9 75.3 (8.2)
5 RENV(8,40) 54.7 81.9 70.3 (14.0)
6 RENV(16,40) 46.3 60.6 54.7 (7.5)
7 RENV(32,40) 21.9 45.9 34.5 (12.1)
2 3 1 TFS(16) 55.0 77.5 64.5 (11.7)
2 RENV(32,40) 20.6 33.1 27.9 (6.5)
3 RENV(16,40) 47.8 60.3 54.5 (6.3)
4 RENV(8,40) 65.5 73.4 70.8 (4.5)
5 RENV(4,40) 77.2 82.5 80.5 (2.9)
6 RENV(2,40) 90.3 95.6 93.2 (2.7)
7 RENV(1,40) 93.1 95.9 94.5 (1.4)
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RENV(16,40) condition. The first set of RENV(16,40) data
obtained on Group 2 is referred to as RENV1(16,40) and the
second set as RENV2(16,40). See Table I for a summary of
the subject groups and conditions tested.
Results. The results of Experiment 1A are shown in
Fig. 1 for the five subjects (Group 1) who were tested in the
order of TFS(16) followed by RENV(16,40). Individual-
subject percent-correct scores are plotted in Fig. 1 as a func-
tion of run number for TFS and RENV conditions as well as
the average across subjects. In addition to the individual-run
performance, each panel shows the average percent-correct
score across the final ten runs. In general, performance
improved over the course of the first five to ten runs of the
TFS condition and stabilized for the remaining TFS runs.
Performance began at a higher level for the RENV condition
and stabilized in fewer runs.
Summary data are also provided in Table I which gives
the range, mean, and standard deviation (s.d.) of the percent-
correct scores across the Group 1 subjects. Mean scores
were quite similar for the two conditions: 51.8% (s.d. of
10.2%) for TFS(16) and 50.5% (s.d. of 8.7%) for
RENV(16,40). A one-way repeated-measures ANOVA to
test for the effect of condition indicated no significant
difference between TFS(16) and RENV(16,40) scores
[F(1,4)¼ 0.184, p¼ 0.69].
The results of Experiment 1A for the five Group 2 sub-
jects, tested in the order of RENV1(16,40) followed by
TFS(16), are plotted in Fig. 2 and summarized in Table I. A
different pattern of behavior was observed for these subjects
compared to those tested in the reverse order shown in Fig.
1. For each of the listeners shown in Fig. 2, RENV1 perform-
ance was lower than TFS performance. Furthermore, for
three of these subjects, RENV1 scores remained roughly at
chance (6.25%) levels throughout the 20 runs of exposure.
When these same listeners were re-tested on the
RENV2(16,40) condition (following exposure to TFS
speech), however, the test scores improved dramatically and
were similar to those obtained under the TFS condition.
Mean scores over the final ten runs of each condition were
19.4% (s.d. of 15.0%) for RENV1, 60.6% (s.d. of 12.0%) for
TFS, and 53.8% (s.d. of 7.1%) for RENV2 averaged across
subjects. A repeated-measures ANOVA conducted on the
RENV1, TFS, and RENV2 scores indicated a significant
effect of condition [F(2,8)¼ 14.44, p¼ 0.002, effect size
g2¼ 0.73]. A post hoc Tukey-Kramer test indicated that the
TFS and RENV2 conditions were not significantly different
from each other and had significantly higher scores than the
RENV1 condition.
A formal comparison of the Group 1 results for TFS(16)
and RENV(16,40) with the Group 2 results for TFS(16) and
FIG. 1. Percent-correct score plotted as a function of run number for five
individual subjects and the average across subjects in Experiment 1A,
Group 1: TFS(16) followed by RENV(16,40) speech. For each subject, the
mean performance for the final ten runs of each processing type is plotted to
the right of the individual-run data. Chance level (1/16) is indicated by the
dashed line.
FIG. 2. Percent-correct score plotted as a function of run number for five
individual subjects and the average across subjects in Experiment 1A,
Group 2: RENV1(16,40) followed by TFS(16) followed by RENV2(16,40)
speech. For each subject, the mean performance for the final ten runs of
each processing type is plotted to the right of the individual-run data.
Chance level (1/16) is indicated by the dashed line.
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RENV1(16,40) was conducted using a repeated-measures
ANOVA with a between-subjects variable of group and a
within-subjects variable of condition. The results indicated that
the group effect barely missed significance [F(1,8)¼ 5.26,
p¼ 0.051, partial g2¼ 0.40], although significance was
achieved for the effects of condition [F(1,8)¼ 15.56,
p¼ 0.004, partial g2¼ 0.66], and the interaction between con-
dition and subjects within groups [F(1,8)¼ 13.86, p¼ 0.006,
partial g2¼ 0.63]. The interaction effect arises from the fact
that Group 2 performed better on TFS than Group 1 (61%- ver-
sus 52%-correct) but worse on RENV (19%- versus 50%-cor-
rect). Overall, the results suggest that: (1) presentation order
had a significant effect on the perception of TFS and RENV
speech and (2) prior exposure to TFS speech aids in the percep-
tion of RENV speech.
B. Experiment 1B
Procedure. To follow up the results indicating an effect
of the order in which TFS and RENV signals were presented
in Experiment 1A, additional data were obtained in
Experiment 1B with a new set of six subjects (3 male, 3
female, mean age of 20.3 yrs). Following one initial run with
Intact speech, these listeners completed a total of 20 addi-
tional runs that alternated between individual runs of
TFS(16) and RENV(16,40) conditions. Three of the subjects
began with TFS speech (Group 1) while the other three
began with RENV speech (Group 2). The experiment
required one 2-h session to complete (except for one subject
who required two sessions). See Table I for a summary of
the subject groups and conditions tested.
Results. The results of Experiment 1B are shown in
Fig. 3 and summarized in Table I. These results indicate a
carryover in performance from one run to the next (regard-
less of processing condition) over the first five to ten runs
with performance stabilizing over the final ten runs. For
Group 1, the mean over the final five runs of each condition
was 46.8%-correct (s.d. of 9.1%) for TFS(16) and 42.8%
(s.d. of 10.7%) for RENV(16,40). For Group 2, these means
were 52.9% (s.d. of 6.1%) for TFS(16) and 48.6% (s.d. of
6.7%) for RENV(16,40). A repeated-measures ANOVA was
conducted using a within-subjects variable of group (test
order) and a between-subjects variable of condition. A sig-
nificant effect of condition was observed [F(1,4)¼ 19.60,
p¼ 0.01, partial g2¼ 0.83] but not group/test order
[F(1,4)¼ 0.79, p¼ 0.42] or the interaction between condi-
tion and group [F(1,4)¼ 0.02, p¼ 0.89]. This result suggests
that further exposure to RENV speech (i.e., more than the
ten runs provided) may have been required to improve per-
formance levels to those observed on TFS speech (as was
seen in Experiment 1A where the number of RENV runs
ranged from 20 to 40).
C. Discussion
The results of Experiment 1A indicate that prior expo-
sure to TFS speech aids in the ability to perceive RENV
speech. All listeners in this experiment were able to identify
TFS speech at levels substantially greater than chance; how-
ever, their performance on RENV speech showed a
dependence on prior exposure to TFS speech. Those subjects
receiving TFS prior to RENV speech performed comparably
on both conditions following roughly 1.5 h exposure to each
stimulus type, while those subjects who received RENV first
performed substantially worse compared to their subsequent
performance on TFS speech. In fact, three of the five sub-
jects who were tested in the order of RENV followed by
TFS were never able to advance beyond chance levels of
performance on RENV speech. Although no overall group
effect was observed in comparing the TFS and RENV scores
of Group 1 with the TFS and RENV1 scores of Group 2,
there was a significant interaction between condition and
group arising from the better performance of Group 2 com-
pared to Group 1 on TFS speech and the opposite pattern on
RENV speech. When RENV was retested in Group 2 follow-
ing exposure to TFS speech, however, performance on
RENV speech increased dramatically and was not
FIG. 3. Percent-correct score plotted as a function of run number for subjects
tested in Experiment 1B with alternating runs of TFS(16)/RENV(16,40)
speech (left column) and with alternating runs of RENV(16,40)/TFS(16)
speech (right column). Average performance across subjects is also shown for
each test order. For each subject, the mean performance for the final five runs
for each processing type is plotted to the right of the individual-run data.
Chance level (1/16) is indicated by the dashed line.
J. Acoust. Soc. Am., Vol. 135, No. 4, April 2014 Swaminathan et al.: Temporal fine structure and envelope recovery 2083
 Redistribution subject to ASA license or copyright; see http://acousticalsociety.org/content/terms. Download to IP:  18.51.1.88 On: Tue, 10 Nov 2015 18:36:32
significantly different from that obtained on TFS speech. It
should be noted, however, that the power of the statistical
tests employed here to detect potentially small but significant
differences between the TFS and RENV speech conditions is
limited based on the relatively small number of subjects
(three to five) tested within each group. The results of
Experiment 1B demonstrate continuity in the learning pro-
cess for TFS and RENV speech when individual runs were
alternated between the two conditions. Taken together, these
results suggest that exposure to TFS speech can prime listen-
ers for making use of cues present in RENV speech, consist-
ent with the findings of Swaminathan and Heinz (2012) that
indicated an interaction between TFS and RENV cues.
IV. EXPERIMENT 2
A. Procedure
Experiment 2 was designed to investigate the effect of
the number of RENV bands recovered from 16-band TFS
speech on the intelligibility of RENV speech. A decrease in
the number of RENV bands (accompanied by a subsequent
increase in bandwidth) may reflect the increased width of au-
ditory critical bands observed in listeners with sensorineural
hearing loss. This experiment employed 8 subjects (3 male,
5 female, mean age of 19.6 yrs). Following an initial famili-
arization run with Intact speech, subjects completed ten runs
of the TFS(16) condition and then proceeded to ten runs of
each RENV(16,NRENV) condition where NRENV¼ 8, 16, 32,
and 40. Four subjects were tested in increasing order of
NRENV (Group 1) and the remaining four subjects were tested
in decreasing order of NRENV (Group 2). The experiment
required two to four 2-h test sessions to complete. The sub-
ject groups and conditions are summarized in Table I.
B. Results
The results of Experiment 2 are summarized in Fig. 4
and in Table I. The top panel of Fig. 4 shows the RENV(16,
NRENV) percent-correct scores for individual subjects (and
means across subject) as functions of NRENV. Also provided
in this panel (at the far right) are the percent-correct scores
for TFS(16) speech. The mean data indicate a decrease in
RENV performance with a decrease in NRENV. Averaged
across the Group 1 subjects, the mean TFS(16) score was
56.0%-correct (s.d. of 9.0%) and RENV scores ranged from
9.6%-correct (s.d. of 2.2%) for RENV(16,8) to 29.9%-cor-
rect (s.d. of 26.8%) for RENV(16,40). Averaged across the
Group 2 subjects, the mean TFS(16) score was 40.9%-cor-
rect (s.d. of 10.5%) and RENV scores ranged from
10.3%-correct (s.d. of 2.9%) for RENV(16,8) to 39.4% (s.d.
of 6.3%) for RENV(16,40). On average across the eight sub-
jects, performance decreased from 34.2%- to 22.9%- to
11.7%- to 10.0%-correct as NRENV decreased from 40 to 32
to 16 to 8. Two of the subjects (both from Group 1), how-
ever, performed at chance on all of the RENV conditions de-
spite an ability to perform the TFS listening task comparably
to the other subjects. For the remaining six subjects who did
show some ability to use RENVs, the mean score on the
RENV(16 40) condition (43.2%-correct) was similar to that
on the TFS(16) condition (46.6%-correct).
A repeated-measures ANOVA was conducted with the
between-subjects variable of group/test order and the within-
subjects variable of condition. The ANOVA indicated a signifi-
cant effect of number of bands in the RENV speech condition
[F(3,18)¼ 9.44, p¼ 0.0006, partial g2¼ 0.61] but not group
[F(1,6)¼ 1.47, p¼ 0.27] or the interaction between group and
condition [F(3,18)¼ 0.51, p¼ 0.68]. Post hoc Tukey-Kramer
tests were conducted on repeated-measures ANOVAs of each
group separately. For Group 1, there was no main effect of
condition and thus no differences between any pairs of condi-
tions. For Group 2, a significant effect of condition was
observed and the Tukey-Kramer test indicated significant dif-
ferences in scores between the NRENV¼ 40 and the
NRENV¼ 16 and 8 conditions and between the NRENV¼ 32 and
the NRENV¼ 16 and 8 conditions. No other pairwise compari-
sons reached significance.
The bottom panel of Fig. 4 summarizes the results of
overall and relative unconditional feature information-transfer
FIG. 4. Top panel: Mean percent-correct score across the final five runs of
testing for subjects in Experiment 2 plotted as a function of NRENV for
RENV(16, NRENV) speech. Mean scores obtained with TFS(16) speech are
also provided on the right. Four individual subjects tested in order of
increasing NRENV are shown by unfilled data points and four individual sub-
jects tested in order of decreasing NRENV are shown by the offset filled data
points. Mean performance across all eight subjects is also shown by the
large X symbols which are connected by thick black lines. Chance level
(1/16) is indicated by the dashed line. Lower panel: Voicing, manner, place,
and nasality feature information transfer and relative overall information
transfer across all eight subjects plotted as a function of NRENV.
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(IT) analyses (Miller and Nicely, 1955) on each of four conso-
nant features: voicing, manner, place, and nasality. These IT
analyses were performed based on the results of the final five
runs for each condition summed over the eight subjects.
These analyses show a decrease in relative overall IT from
34.3% to 10.0% as NRENV decreased from 40 to 8 bands. For
RENV(16,40) speech, the scores for voicing and nasality
were similar (roughly 50% relative feature IT) and higher
than those for manner and place (roughly 10% to 20%). As
NRENV decreased to 32, voicing and nasality feature IT was
reduced to 20%–25% while manner and place scores both
dropped to below 10%. For NRENV set to 16 and 8, no appreci-
able IT was observed either for overall performance or on any
of the consonant features. In general, IT scores for
RENV(16,40) speech were similar to those observed for
TFS(16) speech.
C. Discussion
As the bandwidth used to recover envelopes from 16-
band TFS speech increased (with a corresponding decrease
in the number of recovered bands themselves), there was a
rapid drop in the ability to understand RENV speech.
Performance with RENV(16,40) speech was for most sub-
jects similar to their performance on TFS(16) speech but
was little better than chance for an RENV(16,16) signal.
Thus, the ability to use RENV cues suffered with an increase
in the bandwidth used for envelope recovery from TFS(16)
speech. The effect shown here may be related to the diffi-
culty experienced by listeners with sensorineural hearing
loss in understanding TFS speech (e.g., see Lorenzi et al.,
2006, 2009; Hopkins and Moore, 2007; Hopkins et al.,
2008). If NH listeners make use of RENVs when listening to
TFS speech, and if this ability is related to the filter band-
width used for envelope recovery, then this suggests that the
broadened cochlear filters of HI listeners may limit their
ability to extract RENV cues from TFS speech.
V. EXPERIMENT 3
A. Procedure
This experiment, which examined the effect of varying
the number of bands in the TFS speech from which a 40-
band RENV signal was constructed, employed six subjects
(2 male, 4 female; mean age of 19.0 yrs). Following an ini-
tial familiarization run with Intact speech, subjects com-
pleted 10 runs of the TFS(16) condition and then proceeded
to 10 runs of RENV(NTFS, 40) conditions for NTFS¼ 1, 2, 4,
8, 16, and 32. Three subjects were tested in increasing order
of NTFS (Group 1) and the remaining three subjects were
tested in decreasing order of NTFS (Group 2). The experi-
ment required three or four 2-h sessions to complete. The
subject groups and conditions are summarized in Table I.
B. Results
The results of Experiment 3 are summarized in Fig. 5
and in Table I. The top panel of Fig. 5 shows the
RENV(NTFS, 40) percent-correct scores for individual sub-
jects (and means across subject) as a function of NTFS. Also
shown, at the far right, are the scores for TFS(16) speech.
The results indicate a systematic decrease in performance
with an increase in NTFS accompanied by a more rapid drop
in performance when NTFS exceeds 8. Effects were similar
across the six subjects. For the Group 1 subjects tested with
increasing order of NTFS, mean percent-correct scores ranged
from 84.2% (s.d. of 4.8%) for NTFS¼ 1 to 34.5%-correct
(s.d. of 12.2%) for NTFS¼ 32. For the Group 2 subjects
tested in the opposite order, mean percent-correct scores
ranged from 94.5% (s.d. of 1.4%) for NTFS¼ 1 to 27.9%-cor-
rect (s.d. of 6.5%) for NTFS¼ 32. Means across all subjects
were 89.3%-, 86.5%-, 77.9%-, 70.6%-, 54.6%-, and 31.1%-cor-
rect for NTFS¼ 1, 2, 4, 8, 16, and 32, respectively. Mean per-
formance on TFS(16) speech (54.6%-correct) was identical to
that obtained on the RENV(16,40) speech (54.6%).
A repeated-measures ANOVA was conducted with a
between-subjects variable of group/test order and a within-
subjects variable of condition on the data of the six subjects.
A significant effect was found for condition [F(3,18)¼ 9.44,
p< 0.0001, partial g2¼ 0.98] and for the interaction between
group and condition [F(5,20)¼ 8.32, p< 0.0001, partial
FIG. 5. Top panel: Mean percent-correct score across the final five runs of
testing for subjects in Experiment 3 plotted as a function of NTFS for
RENV(NTFS, 40) speech. Mean scores obtained with TFS(16) speech are
also provided on the right. Three individual subjects tested in order of
increasing NTFS are shown by unfilled data points and three individual sub-
jects tested in order of decreasing NTFS are shown by the offset filled data
points. Mean performance across all six subjects is also shown by the large
X symbols which are connected by thick black lines. Chance level (1/16) is
indicated by the dashed line. Lower panel: Voicing, manner, place, and na-
sality feature information transfer and relative overall information transfer
across all subjects plotted as a function of NTFS.
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g2¼ 0.67] but not for group [F(1,4)¼ 1.11, p¼ 0.35]. The
interaction effect can be seen in Fig. 5: Group 1 subjects
(who were tested in order of increasing NTFS) did worse than
Group 2 subjects (tested in the reverse order) at the lowest
values of NTFS but better at the highest values. Post hoc
Tukey-Kramer testing of comparisons among conditions was
conducted on each group separately based on a
repeated-measures ANOVA. For the Group 1 subjects tested
in increasing order of NTFS, all pairs of conditions were sig-
nificantly different with the following exceptions: NTFS¼ 1,
2; NTFS¼ 2, 4; NTFS¼ 2, 8; and NTFS¼ 4, 8. For the Group 2
subjects tested in decreasing order of NTFS, all pairs of con-
ditions were significantly different with the exception of
NTFS¼ 1, 2 and NTFS¼ 4, 8. Thus, performance was signifi-
cantly worse in both groups for NTFS¼ 32 compared to
NTFS¼ 16, and for NTFS¼ 16 compared to NTFS¼ 8.
The bottom panel of Fig. 5 summarizes the results of
overall and relative unconditional feature IT analyses on
each of four consonant features: voicing, manner, place, and
nasality. These IT analyses were performed based on the
results of the final five runs for all six subjects. These analy-
ses indicate a decrease in relative overall IT from 90% to
34% as NTFS increased from 1 to 32. For the broadband con-
dition (NTFS¼ 1), voicing, place, and nasality were well
received (relative feature IT> 90%), whereas manner was
received at a level of only 58% relative IT. The negative
effect of increasing NTFS was greater for place than for voic-
ing and manner with nasality intermediate between these
two.
C. Discussion
The results of Experiment 3 may be compared with those
of Gilbert and Lorenzi (2006). Their study employed 16
French consonants in /a/-C-/a/ syllables and used NRENV¼ 30
(compared to NRENV¼ 40 in the current study) in recovering
envelopes from TFS speech with NTFS in the range of 1 to 16.
In both of these studies, the RENV cues fell off with an
increase in the number of TFS bands even though the total
bandwidth (80 to 8020Hz) remained the same for all condi-
tions. However, our data indicate that RENV cues persist
even for NTFS equal to 32, which is in contrast to the conclu-
sion of Gilbert and Lorenzi (2006) that RENV cues are abol-
ished for NTFS 8. These conflicting conclusions may reflect
the use of a larger number of RENV bands in our study. This
explanation is supported by the results from Experiment 2
which show a systematic decrease in performance with a
decrease in the number of RENV bands extracted from
16-band TFS speech (see Fig. 4). Overall, the results from this
study suggest that it is difficult to completely abolish RENV
cues, even when the TFS speech is created over 32 narrow
channels. Hence, extra care should be taken when interpreting
TFS-speech intelligibility data from such vocoder-based stud-
ies designed to isolate TFS cues from ENV cues.
VI. COMPARISON BETWEEN RENVAND TFS SPEECH
CONDITIONS
The TFS(16) condition and the RENV(16,40) condition,
which were included in each of the four experiments, yielded
similar levels of overall performance (where mean perform-
ance was roughly 50%-correct for both conditions). Further
comparisons of these two conditions were undertaken to
determine whether similar cues were used in understanding
TFS and RENV speech. The comparisons were based on
analyses of stimulus-response confusion matrices for the
TFS(16) and RENV(16,40) conditions. These matrices were
compiled from each of the two subject groups within
Experiments 1A (using the RENV2 results from Group 2),
1B, 2, and 3 [yielding eight matrices for TFS(16) speech and
eight matrices for RENV(16,40) speech]. Two approaches
were used to analyze the matrices and to correlate perform-
ance between the TFS(16) and RENV(16,40) conditions.
The first approach made use of metric multidimensional
scaling to compute a measure of d0 for the 120 possible pairs
of consonant stimuli. The second approach made use of a se-
quential information analysis (SINFA; Wang and Bilger,
1973) to examine performance on a set of four consonantal
speech features.
A. Metric multidimensional scaling analysis
To compare the confusion matrices we used a form of
metric multidimensional scaling (Braida, 1991). In each
experiment (TFS and RENV) consonants are assumed to be
identified on the basis of the sample value of a four-
dimensional vector of cues ~c ¼ hc1; c2; c3; c4i. When a con-
sonant is presented, the components of ~c are independent
identically distributed Gaussian random variables with
means ð~Xj ¼ hXj1;Xj2;Xj3;Xj4iÞ and a common variance
r2¼ 1.0. Each consonant is thus associated with a stimulus
center specified by the mean value of the cue vector for
that consonant. The listener is assumed to assign a
response by determining the identity of the response center
~Rk ¼ hRk1;Rk2;Rk3;Rk4i that is closest to the cue vector on a
given stimulus presentation.
Stimulus and response centers were estimated, accord-
ing to the method developed in Braida (1991), from each of
the confusion matrices that resulted from each of the eight
TFS(16) and eight RENV(16,40) experiments (two groups
each for Experiments 1A, 1B, 2, and 3). Because the loca-
tions of the response centers estimated from any given con-
fusion matrix are thought to reflect the observer’s
expectations, the availability of feedback, etc., the overall
structure of the confusion matrix may be represented by the
set of values d0(i, j) calculated for each pair (i, j) of stimuli
d0ði; jÞ2 ¼P4k¼1ðXik  XjkÞ2. This allowed comparison of
the structures of the confusion matrices for the TFS and
RENV speech by comparison of the set of d0TFS (i, j) with the
set of d0RENV (i, j).
The results for the listeners of Group 2 in Experiment
1B are shown in Fig. 6. There appears to be a linear relation-
ship between them with d0RENV¼ kd0TFSþ err (where err is
the noise component in the data) with k¼ 0.878 and a corre-
lation coefficient q¼ 0.878. Table II summarizes the correla-
tions between d0RENV (i, j) and d
0
TFS (i, j) for all conditions
tested. Generally the values of k are less than 1.0, which
indicates better performance on identifying the TFS versions
of the stimuli. An exception to this is the value k¼ 1.088
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observed for the listeners of Group 1 in Experiment 3 who
identified the RENV(16,40) stimuli after receiving extensive
practice on other RENV conditions (see Table I). Each of
the correlations is significantly different from zero (ranging
from 0.772 to 0.924). Taken together these two results indi-
cate that the confusion matrices had a similar structure:
Consonant pairs that were easily distinguished when pre-
sented as TFS were also easily distinguished when presented
as RENV, and vice versa.
The smallest slope k and correlation coefficient q were
observed for the set of Group 1 subjects in Experiment 2. As
observed previously, this may be due to the near-chance per-
formance of two of the subjects in identifying the RENV
consonants. When the data from these two subjects are omit-
ted (Group 1*) the value of k increases from 0.421 to 0.866
and q increases from 0.772 to 0.813 roughly the same as that
for the Group 2 subjects in Experiment 2. This tends to con-
firm the observation that the Group 1 subjects consisted of
two subgroups who responded differently to the RENV
stimuli.
B. SINFA
A SINFA (Wang and Bilger, 1973 as implemented in
the FIX program of the Department of Phonetics and
Linguistics, University College London) was conducted to
compute conditional information transfer on the features of
voicing, manner, place, and nasality (Swaminathan and
Heinz, 2012). In this technique (which removes redundan-
cies among the features), relative unconditional feature in-
formation is first computed for each of the four features and
the feature with the highest relative IT is held constant on
the next iteration of the analysis. The feature with the highest
relative conditional IT is then also held constant in comput-
ing feature transmission in the next iteration of the analysis,
and so on, until a set of relative conditional feature IT scores
has been obtained for the full set of features. Each of the 16
matrices under consideration (as described above) was sub-
jected to the SINFA analysis to determine the hierarchical
order in which the features were extracted. Only 2 of the 24
possible orders occurred: (1) nasality, voicing, place, and
manner or (2) voicing, nasality, place, and manner. The first
of these two orders was observed in 9 of the 16 analyses.
This predominant feature order was then used to conduct a
second set of SINFA analyses on each of the 16 matrices
using a fixed order for obtaining conditional relative feature
IT (i.e., the features were analyzed in the order of nasality,
voicing, place, and manner).
The results of the fixed-order SINFA are shown in Fig.
7 where the relative conditional IT score for each of the four
features from each of the eight groups of subjects for
TFS(16) is plotted versus that group’s score on
RENV(16,40). A correlation coefficient was computed
between the IT measures for TFS(16) and RENV(16,40)
FIG. 6. Plot of the TFS(16) versus RENV(16,40) d0(i, j) values representing
the structure of the confusion matrices obtained from Experiment 1B, Group
2 as calculated from the stimulus/response centers estimated from these mat-
rices. The correlation between these values is indicated.
TABLE II. Values of the slope k d0RENV ¼ kd0TFS
 
and correlation coeffi-
cient q for the identification experiments that used TFS(16) and
RENV(16,40) speech. Also shown are the number of times each of the 16
consonants was presented to each listener ("Pres."). See text for further
details.
Expt. Group Pres. k q
1A 1 200 0.881 0.892
1A 2 200 0.816 0.924
1B 1 60 0.803 0.852
1B 2 60 0.878 0.878
2 1 80 0.421 0.772
2 1* 40 0.866 0.813
2 2 80 0.714 0.813
3 1 60 1.088 0.906
3 2 60 0.791 0.853
FIG. 7. Relation between feature (voicing, manner, place, and nasality) con-
ditional relative information transfer for TFS(16) speech versus
RENV(16,40) speech. Information transfer values (open symbols) were cal-
culated using SINFA analysis for each of eight sets of subjects consisting of
the two test sub-groups for each experiment. The correlation (R,p) between
TFS(16) and RENV(16,40) is indicated. Information transfer values were
also calculated for Experiment 2, Group 2 using only the two subjects who
were able to perform at above chance on the RENV conditions (filled sym-
bols). When these values replaced the values calculated using all four sub-
jects in Group 2 (indicated by the lines in the figure), the correlation values
(Rb, pb) were obtained.
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speech shown in the upper panel of Fig. 6, indicating
R¼ 0.81 and p< 0.0001. When data for the two subjects
from Experiment 2, Group 1 (who were unable to perform
above chance on the RENV conditions) were removed from
the analysis, the correlation between the two conditions
increased to R¼ 0.89, p< 0.0001. This result supports the
use of similar speech cues for understanding TFS(16) and
RENV(16,40) speech. In both cases, nasality and voicing
were better perceived (scores of 17% to 77% relative condi-
tional feature IT) than place and manner (scores of 5% to
38%).
The strong correlations observed between TFS(16) and
RENV(16,40) speech in both the multidimensional-scaling
and SINFA analyses suggest that similar cues are being used
in the perception of these two types of stimuli, and that enve-
lope recovery may play a role in the perception of TFS(16)
speech by NH listeners. Hence, any interpretation of results
with such TFS speech stimuli should factor in the contribu-
tions of RENV cues in addition to TFS cues.
VII. GENERAL DISCUSSION
A. RENVs can contribute to the intelligibility of TFS
speech
The goal of this study was to assess the role of RENV
cues to the perception of TFS speech. For the two speech
conditions that were included in all the experiments
[TFS(16) and RENV(16,40)] significant correlations were
observed for the pairwise distance measures (Table II, Fig.
6) as well as for conditional feature performance (Fig. 7).
These experimental results strongly suggest that RENVs
were not completely abolished and could have contributed to
the perception of TFS speech by our NH listeners. The basis
for such recovery of envelopes from TFS speech signals that
were supposedly stripped of envelope cues through Hilbert
processing is explained by Ghitza (2001). When the TFS
speech signal is passed through a bank of sufficiently narrow
filters (a criterion that is met by the normal auditory filters of
NH listeners), envelope cues re-emerge.
For the TFS(16) speech, reception of the features of
voicing and nasality was somewhat better than for manner
and place (Figs. 4 and 5). This pattern differs from that
observed by Gilbert and Lorenzi (2006) for narrowband TFS
speech who showed high reception of voicing and place with
somewhat lower reception of manner. Their overall perform-
ance, however, was substantially higher than that observed
in the current study. A possible explanation for the observed
differences in feature reception with TFS speech between
the current study and that of Gilbert and Lorenzi (2006) may
lie in the language difference (English versus French conso-
nants). Swaminathan and Heinz (2012) reported similar
overall performance to the current study on the TFS(16) con-
dition and their feature results were similar to those observed
here in the poor reception of manner and intermediate per-
ception of place. One difference is that nasality was much
better received than voicing in the Swaminathan and Heinz
(2012) data. Our results for the RENV(16,40) condition
show the same pattern of feature reception as observed for
the TFS(16) condition. This pattern differs from that
reported in a previous study of RENV speech by Gilbert and
Lorenzi (2006) who reported much lower feature reception
for RENV compared to TFS speech. Overall, the significant
correlations observed in the reception of speech features and
on the metric multidimensional scaling analysis between the
two types of speech (Fig. 7) suggest that listeners were rely-
ing on the same types of cues in the perception of both the
TFS and RENV speech signals.
B. Training and token variability effects
Even after several hours of exposure sufficient for stable
levels of performance, it should be noted that the intelligibility
of TFS(16) speech reported here was substantially lower than
the scores reported in previous studies (e.g., Lorenzi et al.,
2006; Gilbert and Lorenzi, 2006; Sheft et al., 2008). Possible
factors contributing to this difference may lie in the language
difference (French versus English) and in differences in token
variability. The French studies employed a set of 48 /a/-C-/a/
syllables spoken by one female French talker made up of 3
utterances of each of 16 different values of C. The current
study, on the other hand, employed a set of 64 /a/-C-/a/ tokens
produced by two male and two female speakers of American
English (each speaker contributing 1 token for each of 16 val-
ues of C). The overall larger number of tokens employed in
each run and the use of both male and female talkers may
have contributed to the greater difficulty of the task in the cur-
rent study. Previous research has demonstrated that for a
small-to-moderate number of speech stimuli (such as the 16
consonants employed here), performance decreases as the
number of tokens per speech stimulus increases from 1 to 4
but remains stable in the range of 4 to 16 tokens (Uchanski
and Braida, 1998; Uchanski et al., 1992).
Our data also indicate substantial variability among indi-
vidual subjects in the ability to understand both TFS(16) and
RENV(16,40) speech. Across subjects and experiments, mean
TFS(16) scores ranged from 28.4%- to 77.5%-correct and
mean RENV(16,40) scores ranged from 5.3%- to 65.5%-
correct. Such a wide variability in scores following similar
amounts of exposure to the stimuli indicates different learning
strategies and/or abilities among subjects in using the cues
available in the stimuli. In these experiments, the total amount
of exposure to the stimuli was limited to either 20 runs
(Experiment 1) or 10 runs (Experiments 2 and 3) per condition.
Some subjects may have required additional training to attain
maximum performance. Such inter-subject variability has also
been observed by Lorenzi et al. (2006) in learning curves
reported for individual NH listeners with TFS speech. In their
Fig. 2(A), it can be seen that some subjects achieved asymp-
totic performance levels of roughly 90%-correct on TFS speech
within the first 5 runs of training, while other subjects required
as many as 15 runs to reach similar levels of performance.
C. Implications for hearing impairment and CI signal
processing
Although this study did not involve the testing of HI or
cochlear implant (CI) listeners, it is still possible to consider
what these findings imply for improving hearing aid and/or
CI signal processing strategies.
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A number of studies using TFS speech suggest that lis-
teners with sensorineural hearing loss have a reduced ability
to use TFS cues (Lorenzi et al., 2006; Moore et al., 2006;
Hopkins and Moore, 2007; Hopkins et al., 2008; Lorenzi
et al., 2009), although their ability to use ENV cues is not
degraded. It is unlikely that the inability of HI listeners to
process TFS speech stems from a degradation in the ability
of auditory-nerve fibers to phase lock to TFS. Recent neuro-
physiological evidence indicates that phase locking in quiet
is not degraded following noise-induced hearing loss (Kale
and Heinz, 2010), although it may be degraded in back-
ground noise (Henry and Heinz, 2012). Although this
implies that phase-locking may not be degraded with noise-
induced hearing loss, other etiologies of hearing loss may
have an effect on the encoding of TFS.
The inability of HI listeners to process TFS speech may
be related to broadened cochlear tuning which can lead to
less effective recovery of ENV cues from TFS (Lorenzi
et al., 2012). Indeed, the results of Experiment 2 indicate
that as the bandwidth used to recover envelopes from 16-
band TFS speech increased (with a decrease in the number
of recovered bands themselves), there was a rapid drop in
the ability to understand RENV speech. Performance with
RENV(16,40) speech was for most subjects similar to their
performance on TFS(16) speech (see Fig. 4) but was little
better than chance for an RENV(16,16) signal. The perform-
ance of NH subjects with RENV(16,16) was largely consist-
ent with the scores obtained from HI subjects in the study of
Lorenzi et al. (2006). The mechanism by which the recovery
of ENV cues from TFS speech are disrupted following filter
broadening is not clearly understood. Hopkins et al. (2010)
suggested that the deficits in the processing of TFS speech
observed in HI listeners could be related to the amplification
of low-level portions of the speech signal. Such amplifica-
tion would be more detrimental to HI subjects than NH sub-
jects because of their increased susceptibility to temporal
and spectral masking. If the intelligibility of TFS speech is
conveyed as RENVs, any disruptions introduced due to the
TFS processing schemes will also have a comparable effect
on the RENV signals (Apoux et al., 2013).
The potential for RENV cues to contribute to the percep-
tual salience of acoustic TFS has important implications for
auditory prosthesis design. An obvious approach to signal-
processing would be to design speech-processing schemes that
convert acoustic TFS to RENVs (Won et al., 2012), similar to
the processing that occurs in a normal cochlea. Such novel
schemes would convey both “true” and “recovered” ENVs to
HI listeners in an effort to improve speech perception in
degraded listening conditions. Further research is needed to
determine the role of the broadened critical bands that typically
accompany sensorineural hearing loss (e.g., Glasberg and
Moore, 1986; Dubno and Schaefer, 1992; Desloge et al., 2012)
on the ability to use RENVs.
VIII. SUMMARYAND CONCLUSIONS
(1) In NH listeners, after sufficient exposure, providing 40
bands of envelopes recovered from 16-band TFS speech
gives roughly the same intelligibility as 16-band TFS
speech and similar patterns of speech confusions. This
suggests that envelope cues were not completely abol-
ished in studies that have used vocoded 16-band TFS
speech stimuli.
(2) Presentation order had a significant effect on the percep-
tion of TFS speech and RENV speech, suggesting that
prior exposure to TFS speech facilitates performance on
RENV speech.
(3) Even after sufficient exposure, the intelligibility scores
obtained with 16-band TFS speech in this study were
substantially lower than the scores reported in previous
studies (50% versus 90%). This suggests that greater
speech-token variability and stimulus complexity can
have a large impact on the intelligibility of TFS speech.
(4) Reducing the number of RENV bands in a manner that
widened the individual filter bands led to decreased per-
formance on RENV speech. This suggests that the inabil-
ity of HI listeners to process TFS speech may be related
to broadened cochlear tuning which can lead to less
effective recovery of envelope cues from TFS.
(5) Analyses of consonant confusions suggest that similar
cues are being used in the perception of TFS and RENV
speech; thus envelope recovery may play a role in the
perception of TFS speech by NH listeners.
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